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Abstract— The current congestion control mechanism used in ~ Maintaining fairness among the connections in the network
TCP has difficulty reaching full utilization on high speed links, is an essential feature widely accepted in the community [11].
particularly on wide-area connections. For example, the packet g, ey solutions must coexist nicely with existing solutions,

drop rate needed to fill a Gigabit pipe using the present TCP v interf. hen th isti tocol ble t
protocol is below the currently achievable fiber optic error rates. or only interiere when the existing protocols are unable to use

HighSpeed TCP was recently proposed as a modification of TCP’s the link capacity well.
congestion control mechanism to allow it to achieve reasonable HSTCP (HighSpeed TCP) is a recently proposed revision

performance in high speed wide-area links. In this paper, simu- tg the TCP congestion control mechanism. It is specifically

lation results showing the performance of HighSpeed TCP and joqigned for use in high-speed wide-area links. There exist
the impact of its use on the present implementation of TCP

are presented. Network conditions including different degrees few studies ir?to the issueS.Of its use. ln this paper we report
of congestion, different levels of loss rate, different degrees of On our study into the benefits and possible deployment issues
bursty traffic and two distinct router queue management policies of HighSpeed TCP.

were simulated. The perfo_rm_ance and fairness _oinghSpeed TCP  |n this paper, the performance of HSTCP and the impact
errréfgfﬂsiﬁfi et(r)altlgle set)r(gmg TCP and solutions for bulk-data of its use on the present implementation of TCP is analyzed
in different network conditions. These conditions include
|. INTRODUCTION different degrees of congestion, different levels of loss rate,
Applications demanding high bandwidth such as bulk-dathifferent degrees of bursty traffic and two distinct router
transfer, multimedia web streaming, and computational gridseue management policies. It is expected that these different
are becoming increasingly prevalent in high performaneetwork conditions present a broad view of the strengths and
computing. These applications are often operating over widgeaknesses of HSTCP.
area networks so, performance over the wide-area network haShis paper is organized as follows. Sect[oh Il presents an
become a critical issue [1]. overview of the current issues faced by TCP in attempting to
In the Internet, TCP (Transmission Control Protocol) haschieve high performance, and some of the solutions proposed
been widely used as a transport protocol. Many applicatiotts overcome these obstacles. Seclioh Il shows the foundation
such as HTTP (Hyper Text Transfer Protocol) for the Worldf HSTCP. Sectiorf 1V describes the purpose of this work.
Wide Web and FTP (File Transfer Protocol) are based @ection[{ discusses the methodology used. The results for
TCP. Recent experience indicates that TCP has difficulty fultiie experiments of this study are described in Sedfion VI.
utilizing high-speed wide-area connections. Thus, netwo8ection VI presents a discussion of the results. Se¢fiorj VIII
applications are rarely able to take full advantage of higls dedicated to the conclusion.
speed networks and they are often not utilizing the available
bandwidth [2]. Il. TCP PERFORMANCEPROBLEMS IN HIGH SPEEDLINKS
The packet drop rate needed to fill a Gigabit pipe usin .
the present TCP protocol is beyond the limit of currentl;’}g - TCP Overview
achievable fiber optic error rates, and the congestion controlTCP was first designed in the early 1970s. Many research,
becomes not so dynamic. [3]. Without expert attention fromhevelopment and standardization efforts have been devoted to
network engineers, most users are unlikely to achieve evdae TCP/IP technology since then. It is widely used in the
5 Mbps on a single stream wide-area TCP transfer, despiigrent Internet and it is the de-facto standard transport-layer
the fact that the underlying network infrastructure can suppgnotocol.
rates of 100 Mbps or more [4]. Congestion management allows the protocol to react to and
Researchers have worked to improve the performance retover from congestion and operate in a state of high through-
TCP in situations where there is a high bandwidth delgyut yet sharing the link fairly with other traffic. Van Jacobson
product and, several proposals have emerged in the literat[ir2] proposed the original TCP congestion management al-
dealing with some of the issues of this complex problem [5§orithms. The importance of congestion management is now
[6]1, [71, [8], 9], [10]. widely acknowledged. Many RFCs (Request For Comments)



rate. At present, TCP implementations can only reach the
large congestion windows necessary to fill a pipe with a
high bandwidth delay product when there is an exceedingly
low packet loss rate. Otherwise, random losses lead to a
significant throughput deterioration when the product of the

loss probability and the square of the bandwidth delay is
< ot N larger then one [15]. For example, a standard TCP connection
AN , with 1500-byte packets and a 100 ms round-trip time, would
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require an average congestion window of 83,333 segments
and a packet drop rate of at most one congestion event every

5,000,000,000 packets to achieve a steady-state throughput of
10 Gbps (this translates to at most one congestion event every
1h:40m) [16]. This loss rate is well below what is possible

. ~ today with the present optical fiber and router technology.
intended to enhance TCP’s performance have been published

within the IETF [13], [14]. C. Proposed Solutions for TCP Congestion Avoidance Perfor-

TCP’s congestion management is composed of two irance Problems in HighSpeed Links
portant algorithms. The slow-start and congestion avoidancepther solutions that have been proposed to overcome this
algorithms allow TCP to increase the data transmission rai@itation include:
without overwhelming the network. They use a variable called g) XCP: The XCP (eXplicit Control Protocol) [9] gen-
CWND (Congestion Window). TCP's congestion window igralizes the ECN (Explicit Congestion Notification) [17], [18]
the size of the sliding window used by the sender. TCP canitbposal. Instead of the one bit congestion indication used
inject more than CWND segments of unacknowledged dgig¢ ECN, XCP-enabled routers inform senders of the degree
into the network. of congestion at the bottleneck. Each XCP packet carries a

The general characteristics of the TCP algorithm are @Bngestion header, which is used to communicate a flow's
initial relatively fast scan of the network capacity followedtate to routers and feedback from the routers to the receivers.
by a cyclic adaptive behavior that reacts quickly to congesti@iike TCP, XCP is a window-based congestion control protocol
by reducing its sending rate, and then slowly increasing ta@signed for best effort traffic. It decouples utilization control
sending rate in an attempt to stay within the area of maximgbm fairness control. The XCP proposal claims to be stable
transfer efficiency. This general behavior is shown in Figuend efficient regardless of the link capacity, the round-trip
@ time, and the number of sources.

TCP’s algorithms are referred to as AIMD (Additive In- b) FAST TCP:FAST TCP [19] proposes that, to maintain
crease Multiplicative Decrease) and are the basis for Egability, sources should scale down their responses by their
steady-state Congestion Control. TCP increases the congesfigiividual RTT and links should scale down their response by
window by one packet per window of data acknowledgegheir individual capacity, because it has been shown that the
and halves the window for every window of data containingurrent algorithms can become unstable as delay increases, and
a packet drop. The TCP congestion control can roughly Bgso as network capacity increases. They claim that is possible
expressed in the following equations: to implement a TCP algorithm that can maintain linear stability

Congestion Avoidance without having to change the current link algorithm [20].
So, by modifying just the TCP kernel at the sending hosts,

Fig. 1. TCP Congestion Control

ACK : CWND—CWND+zui5 1 . :
CWND @) they can stabilize the Internet with the current routers. They
DROP : CWND—CWND=bxCWND () implemented a FAST TCP kemel with some features: it uses
Slow-Start both queuing delay and packet loss as signals of congestion;

deals with massive losses; reduces burstiness and massive
ACK @ CWND—CWND+c (3) losses using pacing at sender; and converges rapidly to a

The terms CWND. a and ¢ are all defined in units df€ighborhood of the equilibrium value and then smoothly

Maximum Segment Size (MSS). The canonical values for 30Me in on the target.

b and c are: a=1, b=0.5 and c=1. 1. HIGHSPEED TCP FUNDAMENTALS

B. The Problem With the TCP Congestion Avoidance Algé. Description

rithm The HighSpeed TCP for Large Congestion Windows was
The introduction of high-speed network technologies hastroduced in [16] as a modification of TCP’s congestion con-

opened the opportunity for a dramatic change in the achievabiel mechanism to improve performance of TCP connections

performance of TCP based applications. Unfortunately, thigth large congestion windows.

potential has not generally been realized. HighSpeed TCP is designed to have a different response in
The performance of a TCP connection is dependent environments of very low congestion event rate, and to have

the network bandwidth, round trip time, and packet loghe standard TCP (referred to in this work as Regular TCP



or REGTCP) response in environments with packet loss ratgas the study of fairness with other types of TCP already in

of at most 10°3. Since, it leaves TCP’s behavior unchangedse. More details of this study can be found in [21].

in environments with mild to heavy congestion, it does not To fulfill this general objective, this study focused on

increase the risk of congestion collapse. In environmergpecific topics as follows:

with very low packet loss rates (typically lower than~19, 1) What is the behavior of HighSpeed TCP in situations

HighSpeed TCP presents a more aggressive response function. here Regular TCP underperforms;

2) Is it possible to use HighSpeed TCP together with
Regular TCP and maintain an acceptable fairness;
HighSpeed TCP introduces a new relation between the3) what is the effect of the router queuing policy (RED

average Congestion window and the Steady'state paCket and DT) on the performance of H|ghSpeed TCP and on

drop ratep. For simplicity, this new HighSpeed TCP response  the fairness between HighSpeed TCP and Regular TCP;

function maintains the property that the response function gng

gives a straight line on a log-log scale (as does the respons@) Can HighSpeed TCP be a substitute to other types of

function for Regular TCP, for low to moderate congestion). bulk data transfer.

Both response functions are shown in Figufe 2.

B. Modified Response Function

The main focus was on the behavior of HighSpeed TCP
and Regular TCP in situations where both were in steady-
i HighSpeod TCF —— state or near to steady-state. The TCP congestion avoidance
R i phase was of particular interest since it is where the AIMD
algorithm works, and thus when the HighSpeed TCP algorithm
runs. Long-lived TCP flows traveling on high-speed and long-
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§ o distance links with a large amount of data to transmit were
g the focus. This investigation was developed using a simple
E o topology scenario to minimize complexity and to reduce the

number of variables to collect and study.

V. METHODOLOGY

The experiments were conducted using the NS-2 simulator

1
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Fig. 2. HighSpeed TCP Response Function A. Simulation Environment

1) Network Topology: The simulation network topology

The HighSpeed TCP response function is specified usioged was adumbbellwith a single bottleneck, as shown in
three parameters: Lawindow, HighWindow, and HighP. Figure[3. All traffic passed through the bottleneck link. The
Low_Window is used to establish a point of transition angottleneck link bandwidth was 1 Gbits/s, the link delay was
ensure compatibility. The HighSpeed TCP response functis0 ms. The simulations used two types of router queue man-
uses the same response function as Regular TCP when ghement, DT (DropTail) and RED (Random Early Detection)
current congestion window is at most Ldwindow, and uses [23]. In the case of RED, ECN was also used. The queue size
the HighSpeed TCP response function when the current cen-each router was the bandwidth delay product in packets.
gestion window is greater than Lawindow. High Window

and HighP are used to specify the upper end of the HighSpeed
TCP response function. It is set as the specific packet drop -~

rate HighP, needed in the HighSpeed TCP response function =« Forward ——= e 12
to achieve an average congestion window of Hilymdow. - T Backwand —

The HighSpeed TCP response function is represented by »<" NI N2
new additive increase and multiplicative decrease parameters. — 1 Gbps

50 ms

These parameters modify both the increase and decrease pa-

rameters accordinig to CWND. In congestion avoidance phase,

its behavior can be expressed in the following equations:
Congestion Avoidance

(
N

Fig. 3. Network Topology

ACK : CWND—CWND+SWID) (4)
DROP : CWND—CWND-b(CWND)xCWND  (5) 2) TCP Flows SetupThe TCP flows had the ECN bit set;
the packet size was 1500 bytes; the maximum window size
was large enough to not impose limits; random times between

The general purpose of this work was to study the effesends were set to avoid phase effects [24]; the flows used a
tiveness of HighSpeed TCP in high-speed long-distance linksdified version of the Limited Slow-Start algorithm for large
as a mechanism for bulk data transfer. Of particular concerangestion windows [5].

IV. INVESTIGATION



The TCP agent used for the sender and the receiver was
SACK [25]. FTP was the application used to transmit data
through the TCP connections. All the HSTCP flows used the 1
forward direction. The HSTCP parameters used are given in z:z: I e
Table[]. I/

7000 11 /
6000 1

5000 /

4000

11000

10000

TABLE |
HSTCP RRAMETERS
HSTCP Parameters | Value |
Low_Window_ 31 3000
High.Window. 83000 ‘
High_P_ 0.0000001

Congestion Window (pkts)

2000 |-

HSTCP Flow

1000

1
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For comparison, the HSTCP flows were run against TCP
SACK implementations. A set of web-like flows and a set
of small TCP flows were also used bhackground noisdor
all the simulation. Other TCP flows were used to represent
bursty traffic. They were short-lived flows that lasted for a 1000
few seconds. 16000 A A
3) Data Collection ConfigurationThe aggregated data was w000 : |
collected in two halves. Only the second half was of interest /
because this research focused on the steady-state behavior. . / /
Each experiment was run ten times, for three hundred seconds. ¢ [/
The line shown is the median of these simulations. w000 |-/

(a) RED

Congestion Window (pkts)

6000

B. Descriptions of Scenarios for the Experiments

We used three sets of primary flows in most of this oo
study. The first set had only HSTCP flows, the second was 2000 ||
composed only of REGTCP flows, and the third set contained ’ ‘
a combination of REGTCP and HSTCP flows. The number of ’ * B “ “ 3°°
flows for each set varied according to the experiment.

The three sets of flows were each exposed to different (b) DT
network environments. In the first network environment there
were no other traffic sources and no extra interference beyond Fig. 4. Evolution of Congestion Window for a Single Flow
that generated by the REGTCP and HSTCP flows. This
network environment we refer to dsleal Condition The . o .
second network environment represented the situation wh&f@und 300 seconds to reach the bandwidth limit in congestion
there were systemic losses (or losses not directly related@¢Pidance. In comparison, the HSTCP flow reaches this point
congestion). We call itossy Link ConditionSome number of before 50 seconds (_RED case). The sc_acond observation is that
packets were randomly dropped from the flows, with a definéd 1 CP has an oscillatory behavior with a very short period.
drop rate. The third network environment explored the reactidi'€ third important observation is the influence of router
of the flow sets to bursty traffic, so we refer to it Barsty dueue management on the behavior of both flows. With DT

Traffic Condition The bursty traffic was composed of shortdueuing, drops did not occur until the router buffer overflowed.

HSTCP Flow

lived standard TCP flows running for a few seconds. With RED queuing, the router sends the congestion signal
earlier. In the case of an empty network this can lead to lower
VI. RESULTS FROM THEEXPERIMENTS utilization with RED.

This section presents the results of our experiments. All e
periments were run with both RED and DT queuing policy. In" "~ . ) ) ]
the cases where there is a significant difference in the results] his set of experiments provided a baseline by showing
results for each individual queuing policy are presented. the behavior of a variable number of REGTCP and HSTCP
flows, when there was no external interference, except the
A. Isolated Flows background traffic. Figurg] 5 shows the link utilization, for the

This first experiment allowed us to observe the basic bBEGTCP and HSTCP flows.
havior of a single REGTCP or a single HSTCP flow run in This graphic shows that the HSTCP flows can reach full
isolation. The experiment ran only one time, without externéihk utilization with a small number of flows. REGTCP needs
interference. a higher number of flows to approach 100% link utilization.

As shown by Figurd]4, a REGTCP flow has a slower The following graphic in Figur¢]6 presents the congestion
growth compared to the HSTCP flow. The REGTCP flow take=vent rate for the first and second set of flows, when RED was

Ideal Condition

4
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Fig. 7. Link Utilization - Ideal Condition - Mixed Flows
These graphics show that there is a clear difference be-
tween the congestion event rate resulting from HSTCP and
REGTCP flows. HSTCP produces a higher congestion event
rate. Another important aspect to observe is that the congestion
event rate for HSTCP is never lower thatf0Q as expected %0
from the HSTCP parameters. When we used DT as the router
gueue management policy, it generated a slightly higher rate
of congestion events but otherwise was similar.
The link utilization achieved by the set of mixed flows
is presented in the graphs of Figire 7. The performance is
separated by flow type; one line is the aggregated result of :

40
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Relative Fairess

the HSTCP flows and the other is the aggregated result of the 5 ;\\;

REGTCP flows. The third line is the result for all the flows T N A S

Combl ned ) ’ ’ ° * Total Nu:ger of F\owzs * * °
These graphs show that when HSTCP flows are directly

competing with REGTCP flows, the bandwidth share used by Fig. 8.  Relative Fairness - Ideal Condition

HSTCP is higher than the bandwidth used by the REGTCP

flows. This fact is independent of the type of router queue

management used. Also, the bandwidth share used by HSTCRhis graph reveals that the fairness improves as the number

decreases as the total number of flows increase. of flows increases. It is also important to observe that when
The relative fairness for the mixed flow set is depicted iRED is deployed, the relative fairness is better than when DT

Figure[8. It shows the ratio between the amount of bandwidigh used.

used by all the HSTCP flows and the amount of bandwidth The last result presented in Figur¢ 9 is the amount of

used by all the remaining REGTCP flows. aggregated bandwidth stolen from all the REGTCP flows when



they are deployed together with HSTCP flows. This result is The set of REGTCP flows show a rapid performance loss

calculated using the difference between the link utilizatioas the link loss rate increases. In contrast, the HSTCP flows

achieved by a number of REGTCP flows when they amhowed better resilience to moderate link loss, and consistently

competing against\/ other REGTCP flows, and the linkused more bandwidth than the REGTCP flows.

utilization achieved by the same number of REGTCP flows The link utilization achieved by the mixed set of flows is

when they are competing against other HSTCP flows. presented in Figurg 11. Here the performance is separated by
flow type; one line is the aggregate result of the HSTCP flows

% Reo —— and other line is the aggregated result of the REGTCP flows.
st The third line is the result of all the flows combined.
40
- 100 "5 HSTCP Flows
g : All Flows -+
T 30
E T 80
< 25
¢ 15 % 60
£ 40
5 3
0 0 5 10 15 20 25 30 35 40 20 +
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Fig. 9. Bandwidth Stolen - Ideal Condition 0
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This graph shows that the amount of bandwidth stolen
decreases as the number of flows increases. This fact highlightig. 11.  Link Utilization - Lossy Link Condition - Mixed Flows - RED

that the HSTCP aggressiveness adapts as the traffic condition

changes. Although the amount of bandwidth stolen decreasegve see that, as expected, the difference between the band-

as the number of flows increase, the distance between {figth used by the HSTCP flows and that used by the REGTCP

amounts stolen between RED and DT increases slightly  flows decreases as the number of losses increases. Another

important aspect to point out is that, for a link loss rate around

1075, the link is fully utilized, and below this rate, congestive
The focus of this set of experiments was to observe thesses will be dominant.

behavior of REGTCP and HSTCP flows when subjected to

systemic losses. We used the simulator error model to simul&e Bursty Traffic Condition

losses on the bottlgneck link. This loss model was set to dr()pThis set of experiments helps us to understand the reaction
a packet with a def|n<_ad average drop ratc_a. We used three e REGTCP and the HSTCP flows when they are subjected
of flows to develop this experlment.. The first set contained 19 bursty traffic. We introduced perturbation in the form of
HSTCP flows, the second set contained 10 REGTCP flows gfigdsy fiows randomly distributed throughout the simulation
the third one contained a mix of 5 HSTCP and 5 REGTCfime. We used three sets of flows in this experiment. The first

flows. set contained 10 HSTCP flows, the second set contained 10

Figure[10 presents the performance of the link utilizatioR e G TP flows and the third one contained a mix of 5 HSTCP
metric, for the first and second set of flows. and 5 REGTCP flows.

C. Lossy Link Condition

The graphs in Figurie 12 present the performance of the link
utilization metric, for the REGTCP and HSTCP sets of flows It
also shows the link utilization of the perturbing flows present.
& We observe from Figure 12{a) that the set of HSTCP flows
decreases their link utilization smoothly and slowly as the
60 number of perturbations increase. On the other hand, the
impact on the set of REGTCP flows is higher, and their
40 performance goes down quickly as the number of perturbations
increases.

20 The impact of the use of distinct router queuing manage-

ment is clear when the set of HSTCP flows is submitted to

0 — bursty traffic. The link utilization with HSTCP flows decreases
10 10° 0 10 10? slightly with RED, but it is almost immune to the perturbations

Link Loss Rate
when the DT router queuing policy is used, as can be seen in
Fig. 10. Link Utilization - Lossy Link Condition - RED Figure[@.
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Figure [T3 presents the congestion event rate for tRgrturbations increases.

REGTCP and HSTCP sets of flows, when RED and DT are The relative fairness for the mixed flow set is depicted in
deployed. Figure[I5. It is almost constant for both queuing policies. The

HSTCP flows get between 10 and 15 times more bandwidth

We observe that the congestion event rate increases ¢
tinuously as the number of perturbations increases, whafg'® than the REGTCP flows, for DT, and they get around 5

RED router queue management is used. When DT roufipes more, when RED is used.

gueue management is deployed, this behavior changes. The N

set of HSTCP flows presents an almost constant congestfen COmpetition among Heterogeneous Flows

event rate, and the set of REGTCP flows has two levels OfThlS set of simulations was to Verify the behavior of a

congestion event rates. It could be caused by the occurreRSTCP flow when a varying number of REGTCP flows were

of global synchronization [26] or by the increased burtinesgeployed with it.

from REGTCP flows slow-stating. The graphs in Figuré 16 present the performance of the
The link utilization achieved by the mixed set of flows igink utilization metric when RED and DT router queue man-

presented in Figurg 14. One line is the aggregated resulta@fement are used, respectively. They also present the link

the HSTCP flows, and other line is the aggregated result fagiilization of all the flows together.

the REGTCP flows. The third line is the result of all the flows Some interesting results are represented in these graphs.

combined. The remaining line represents the link utilizatiophe first is that the HSTCP flow adapts with the amount of

of the perturbations. REGTCP flows used, and it avoids allowing the link to become
The important information provided by these graphics iglle. The second happens at the crosspoint of the HSTCP line

the poor utilization of the set of REGTCP flows. Howeverand the REGTCP line. This shows the number of REGTCP

this performance remains relatively constant as the numberfloinvs that have equivalent performance to 1 HSTCP flow. This
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F. Constant Link Loss of 10e-5

number appears to be highly dependent on the type of routefrnis set of experiments repeats the Ideal Condition experi-
ment, except that it introduces a constant link loss rate of 10
The ratio between the amount of bandwidth used by tfighe purpose of this change is to investigate the behavior of
HSTCP flow and the amount of bandwidth used by thdie HSTCP and the REGTCP flows with systemic losses and
combined REGTCP flows is depicted in Fig{irg 17.

a variable number of flows for each set of flows.



Figure[I8 presents the performance of the link utilization The link utilization achieved by the mixed set of flows is
metric, for the REGTCP and HSTCP sets of flows.
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This graph shows that when HSTCP flows are deployé&

presented in Figure 19. The performance is presented by flow
type.

These graphs show the influence router queue management
has on the behavior of link utilization for each type of flow.
While for RED, the link utilization for the HSTCP flows
decreases as the total number of flows increases, for DT, the
same link utilization stays constant or even slightly increases,
as the number of flows increase.

G. Parallel Streams on Lossy Link Condition

The focus of this set of experiments was to observe the
impact of Parallel Streams on long-lived REGTCP flows and
to compare it with the impact of HSTCP over the same long-
lived REGTCP flows, when both are subjected to systemic
losses. We used two sets of flows to develop this experiment.
The first set contained 10 REGTCP flows (representing the
long-lived flows) and 1, 4, 7, 10, 20 or 30 parallel REGTCP
eams. The second set is formed by the same 10 REGTCP

in this network condition, there is need of 6 flows to reachoWs ©f the first set and one HSTCP flow. .
full link utilization. But, when REGTCP flows are used, this e present here only the per flow relative fairness. The
number increases to 20 or more.

Link Utilization (%)

Link Utilization (%)

Fig. 19.
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intention is to show the competition that a parallel stream

transmission represents for a single long-lived regular TCP

flow. The amount of link bandwidth used for the aggregate

parallel stream transmission is divided by the amount of link

bandwidth used by one of the 10 long-lived streams. The same
procedure is used for the case of the transmission using one
HSTCP flow. The results are presented in Fidurg 20.

It is clear that, when parallel streams are deployed, the
relative fairness is almost constant over a wide range of link
loss rates. This behavior only changes when there is a heavy
packet loss rate. In contrast, the relative fairness when HSTCP
is used is not constant and has a wide range of values.

H. Parallel Streams on Bursty Traffic Condition

The objective of this last set of experiments was to observe
the impact of Parallel Streams on long-lived REGTCP flows
and to compare it with the impact of HSTCP over the same
long-lived REGTCP flows when they are subjected to bursty
traffic.

We used two sets of flows to develop this experiment. The
first set contains 10 REGTCP flows (representing the long-
lived flows) and also 1, 4, 7, 10 or 20 parallel streams. The
second set is formed by the same 10 REGTCP flows of the
first set and one HSTCP flow.

We present the results of per flow relative fairness in Figure
[21. We observe in these graphics that when RED is used
the relative fairness increases as the number of perturbations
increase, but this behavior is not clear when DT is deployed. In
the DT case the ratio between the bandwidth used by HSTCP
and the bandwidth used by the 10 long-lived flows spreads
over a wide range of values.

Figure[ 22 shows the performance just of the parallel streams
and the HSTCP flow in this context. The HSTCP flow
improved its performance as the number of perturbations
increased (RED case) until around 40 perturbations, but this
improvement didn’t happen by stealing bandwidth from the
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10 long-lived flows, as seen on Figjrg 23. The HSTCP is able  , 7 Farae Steams |
to use bandwidth share the REGTCP flows and the parallel " PPl Steame
streams are unable to use in this situation. .
VIl. | SSUESFOR THE DEPLOYMENT OFHIGHSPEEDTCP I e
. i
There are several relevant aspects to consider when deploy- 5 § it I
. . . S 4 iz | T, S
ing HighSpeed TCP. These are grouped below by topic. o i g4 ¢ : % i
....... o X q
""" o
. . i - ¢ ¢
A. Comparison with Regular TCP 20 e ' %
. . . . . I et ° ]
As was established in the previous section, HighSpeed TCP ~ * A
performs better than Regular TCP for high-speed long-distance e s
links. The major drawback in Regular TCP is that it dramati- Number of Perturbztions

cally reduces the size of the congestion window in reSponseFQ. 22. Aggregated Link Utilization of Competing Parallel Streams - Parallel
a congestion event and its ACK-clocked congestion windogreams on Bursty Traffic Condition - RED

grows in increments of one. This leads to slow recovery

from a congestion event when the congestion window was

very large and leaves the link with a low level of utilization In the presence of systemic losses, Regular TCP flows show
during significant periods of time. In comparison, HighSpegubor link utilization. For the conditions of our study, a link
TCP cuts the window less and it grows faster so its recovelgss rate between 10 and 10-* prevented Regular TCP from
takes less time. This characteristic increases its average linkking reasonable use of the link bandwidth available (less
utilization. than 50% in our case). In this range, the HighSpeed TCP flows
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sl 1HSTCP Flow'—— | The impact of the use of different router queue management
% 16 paralel Sneams 8. policies was clear when HighSpeed TCP was submitted to
- bursty traffic. The link utilization for HighSpeed TCP flows
15 decreased slightly with RED, but it was not affected when DT
3 40 e router queue policy was used.
8 . P The general pattern of the aggregated relative fairness found,
% s \_\ when RED was used, was the same when DT router queue
52 \ A management was deployed. The difference was the higher
10 A amount of bandwidth that HighSpeed TCP flows took from
; N ; Regular TCP flows. When they were submitted to bursty traffic
s e s S— condition, the aggregated relative fairness was almost constant
e s e s s s w4 s s s & using DT, but seemed to increase slightly when RED was used.

Number of Perturbations

There was also a difference in the number of equivalent
Fig. 23. Aggregated Bandwidth Stolen - Parallel Streams on Bursty Traffitegular TCP flows for one HighSpeed TCP flow, when both
Condition - RED were competing for the same bandwidth and different router
gueue management were deployed. In this work six Regular

. CP flows equaled one HighSpeed TCP flow, with RED, and

were able to use almost double the bandwidth used by Reglﬂ"fwteen Regular TCP flows equaled one HighSpeed TCP flow,

TCTF;; Reqular TCP i | . d low link utilizati in the case of DT. But these numbers depend totally on the
€ rheguiar ows aiso experienced fow fink utiizatio verage packet drop rate in the experiment.

in the presence of bursty traffic. The bursty traffic was using
less than a 10% share of the link bandwidth but the Regugr Use For Bulk Data Transfer

: . o ;
TCP flows dropped their bandwidth by around 70%. This Deployment of HighSpeed TCP requires changes to the

was due to the bursty natl_Jre_ of th_e e perturbations. TJ?EP stack at the TCP data sender, but once these changes are
HSTCP flows decreased their link utilization also, but not as o . .
. made all applications can benefit from them. This represents

dramatically.
an advantage over other types of bulk data transfer such

B. Fairness Impact as parallel streams. For parallel streams it is necessary to

The bandwidth share used by the HighSpeed TCP flofd@nge the application programs and to know a priori the
was higher than that used by Regular TCP flows, when b(ﬁHmber of parallel flows to transmlt. Also, in our opinion,
types of flows competed for the same link. However, it Wd-sllghSpeed TCP pr_esents better_ fairness and adaptability to an
noticeable that the amount of the link bandwidth used by tf§gvironment of varlabl_e congestion event_rates_ than other bulk
HighSpeed TCP flows decreased as the total number of flofi@ transfer mechanisms, because of its different response
increased. The opposite happened with the Regular TCP ﬂo\;\l,g]cnon. Parallel streams may also.present better adapt_abmty
The reason for this behavior was that the higher the numberpf€y use some kind of adaptative control, as fractional
flows competing for the link bandwidth, the more congestigfPngestion control [27], but at a cost of their simplicity.
events happened and the less aggressive the HighSpeed TGP HighSpeed TCP is used on a network with significant
flows became. With the decrease in the HighSpeed TEKStemic packet losses, the packet loss rate will define the
aggressiveness, the Regular TCP flows had more opportufffigXimum _avallgble throughput. It is possible to change this
to use the bandwidth available. limit by using different values for the HSTCP parameters of

This result highlights two distinct characteristics of th&OW-Window, HighWindow, and HighP. In all situations,
HighSpeed TCP protocol. It is more aggressive at using thighSpeed TCP should, by design, perform better or the same
available bandwidth, but it decreases its aggressiveness2adiegular TCP.
the congestion event rate increases. This adaptability is very
interesting in the context of high speed links. It avoids having
a link become idle caused by the slow dynamic of Regular TCP has difficulty fully utilizing network links with a
TCP, and yet it does not prevent more Regular TCP streafigh bandwidth delay product. HighSpeed TCP outperforms
from obtaining a reasonable share of the link. TCP in this condition, and has an adaptability that makes an

Bursty traffic had only a small influence on the amourifcremental adaption approach easy. HighSpeed TCP is easy
of bandwidth that the HighSpeed TCP flows stole from tH@ deploy avoiding changes in routers and programs.

Regular TCP flows, thus it had little influence on the fairess. HighSpeed TCP is appropriate to bulk data transfer applica-
tions, because it is able to maintain high throughput in different
C. Effects of Router Queue Management network conditions, and it is easy to deploy when compared

The change of the queue management scheme did with other solutions already in use.
significantly affect the link utilization of HighSpeed TCP flows A point of concern is its fairness at low speeds, mainly
in most cases. It did, however, cause a difference in the amoimnetworks with droptail routers. A better relation with TCP
of congestion events; RED requires fewer congestion eventgy be achieved by adjusting its three parameters, in particular
to control the TCP sending rate, compared to DT. Low_Window. At high speeds it is not possible to maintain a

VIII. CONCLUSION
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fair

relationship, nor is it desirable, using the present concgpt] K. Ramakrishnan and S. Floyd, “A proposal to add explicit congestion

of fairness. Pacing could heIp with droptail routers, and notification (ECN) to IP,” Internet Engineering Task Force, January

1999, RFC2481.

improve fairness. Futher studies in this area should be carrigg} « ramakrishnan, S. Floyd, and D. Black, “The addition of explicit

out.

congestion notification (ECN) to IP,” Internet Engineering Task Force,

Investigations in real network are necessary to complete September 2001, RFC3168.

C. Jinand, D. Wei, S. H. Low, G. Buhrmaster, J. Bunn, D. H. Choe,

assessment of its deployment. Some have already began [28], g | A Cottrell, J. C. Doyle, W. Feng, O. Martin, H. Newman,

[29]

. So far, no unexpected behavior was found. HighSpeed F. Paganini, S. Ravot, and S. Singh, “FAST TCP: From theory to

TCP behaved as forseen by its response function. and appearsexperiments,” April 2003, submitted to IEEE Comunications Magazine,

Internet Technology Series.

to be a real and viable option for use on high-speed wide a8 H. Choe and S. Low, “Stabilized Vegas,” IEEE Infocom San Fran-
TCP connections. cisco, CA, April 2003.
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